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VOICE PROCESSING USING CONVERSION
FUNCTION BASED ON RESPECTIVE

STATISTICS OF A FIRST AND A SECOND
PROBABILITY DISTRIBUTION

BACKGROUND OF THE INVENTION

1. Technical Field of the Invention

The present invention relates to a technology for synthe-
$1Z1ng voice.

2. Description of the Related Art

A voice synthesis technology of segment connection type
has been suggested in which voice 1s synthesized by selec-
tively combining a plurality of segment data items, each
representing a voice segment (or voice element) (for example,
se¢ Patent Reference 1). Segment data of each voice segment
1s prepared by recording voice of a specific speaker and
dividing the speech voice into voice segments and analyzing
cach voice segment.

| Patent Reference 1] Japanese Patent Application Publication
No. 2003-255998

[Non-Patent Reference 1] Alexander Kain, Michael W.
Macon, “Spectral Voice Conversion for Text-to-Speech
Synthesis”, Proceedings of the International Conference
on Acoustics, Speech, and Signal Processing, vol. 1, p.
285-288, May 1998
In the technology of Patent Reference 1, there 1s a need to

prepare segment data for all types (all species) of voice seg-

ments mdividually for each voice quality of synthesized
sound (1.e., for each speaker). However, speaking all species

of voice segments required for voice synthesis imposes a

great physical and mental burden upon the speaker. In addi-

tion, there 1s a problem 1n that 1t 1s not possible to synthesize
voice of an speaker whose voice cannot be previously
recorded (for example, voice of an speaker who passed away)
when available species of voice segments are insufficient
(deficient) for the speaker.

SUMMARY OF THE INVENTION

In view of these circumstances, it 1s an object of the inven-
tion to synthesize voice of a speaker for which available
species ol voice segments are msuilicient.

The mvention employs the following means 1n order to
achieve the object. Although, in the following description,
clements of the embodiments described later corresponding
to elements of the mvention are referenced 1n parentheses for
better understanding, such parenthetical reference i1s not
intended to limit the scope of the mvention to the embodi-
ments.

A voice processing device of the invention comprises a first
distribution generation unit (for example, a first distribution
generator 342) that approximates a distribution of feature
information (for example, feature information X) representa-
tive of voice of a first speaker per unit interval thereot as a
mixed probability distribution (for example, a mixed distri-
bution model AS(X)) which 1s a mixture of a plurality of first
probability distributions (for example, normalized distribu-
tions NS, to NS,,) corresponding to a plurality ot different
phones, a second distribution generation unit (for example, a
second distribution generator 344) that approximates a distri-
bution of feature mformation (for example, feature informa-
tion Y ) representative of voice of a second speaker per a unit
interval thereof as a mixed probability distribution (for
example, a mixed distribution model A'T(Y)) which 1s a mix-
ture of a plurality of second probability distributions (for
example, normalized distributions N'T, to N'T,) correspond-
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2

ing to a plurality of different phones, and a function genera-
tion unit (for example, a function generator 36) that generates,
for each phone, a conversion function (for example, conver-
sion functions F(X) to F (X)) for converting the feature
information (X) of voice of the first speaker to the feature
information of voice of the second speaker based on respec-
tive statistics (statistic parameters tp,_~, 2 **, u_* and 2_") of
the first probability distribution and the second probability
distribution that correspond to the phone.

In this aspect, a first probability distribution which
approximates a distribution of feature information of voice of
a first speaker and a second probability distribution which
approximates a distribution of feature information of voice of
a second speaker are generated, and a conversion function for
converting the feature information of voice of the first speaker
to the feature information of voice of the second speaker 1s
generated for each phone using a statistic of the first prob-
ability distribution and a statistic of the second probability
distribution corresponding to each phone. The conversion
function 1s generated based on the assumption of a correlation
(for example, a linear relationship) between the feature infor-
mation of voice of the first speaker and the feature informa-
tion of voice of the second speaker. In this configuration, even
when recorded voice of the second speaker does not include
all species of phone chain (for example, diphone and triph-
one), 1t 1s possible to generate any voice segment of the
second speaker by applying the conversion function of each
phone to the feature information of a corresponding voice
segment (specifically, a phone chain) of the first speaker. As
understood from the above description, the present invention
1s especially effective 1n the case where the original voice
previously recorded from the second speaker does not include
all species of phone chain, but 1t 1s also practical to synthesize
voice ol the second speaker from the voice of the first speaker
in similar manner even 1n the case where all species of the
phone chain of the second speaker have been recorded.

Such discrimination between the first speaker and the sec-
ond speaker means that characteristics of their spoken sounds
(voices) are different (1.e., sounds spoken by the first and
second speakers have different characteristics), no matter
whether the first and second speakers are identical or different
(1.e., the same or different individuals). The conversion func-
tion means a function that defines correlation between the
feature mformation of voice of the first speaker and the fea-
ture 1information of voice of the second speaker (mapping
from the feature information of voice of the first speaker to the
feature information of voice of the second speaker). Respec-
tive statistics of the first probability distribution and the sec-
ond probability distribution used to generate the conversion
function can be selected appropriately according to elements
of the conversion function. For example, an average and
covariance of each probabaility distribution 1s preferably used
as a statistic parameter for generating the conversion func-
tion.

A voice processing device according to a preferred aspect
of the invention includes a feature acquisition umt (for
example, a feature acquirer 32) that acquires, for voice of
cach of the first and second speakers, feature imnformation
including a plurality of coellicient values, each representing a
frequency of a line spectrum that represents, by a frequency
line density of the line spectrum, a height of each peak 1n an
envelope of a frequency domain of the voice of each of the
first and second speakers, wherein each of the first and second
distribution generation unit generates a mixed probability
distribution corresponding to feature information acquired by
the feature acquisition unit. This aspect has an advantage in
that 1t 1s possible to correctly represent an envelope of voice
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using a plurality of coeflicient values, each representing a
frequency of a line spectrum that represents, by a frequency
line density of the line spectrum, a height of each peak 1n an
envelope of voice of the segment data.

For example, the feature acquisition unit includes an enve-
lope generation unit (for example, process S13) that generates
an envelope through interpolation (for example, 3rd-order
spline 1nterpolation) between peaks of the frequency spec-
trum for voice of each of the first and second speakers and a
feature specification unit (for example, processes S16 and
S17) that estimates an autoregressive (AR) model approxi-
mating the envelope and sets a plurality of coellicient values
according to the AR model. This aspect has an advantage 1n
that feature information that correctly represents the envelope
1s generated, for example, even when the sampling frequency
of voice of each of the first and second speakers 1s high since
a plurality of coellicient values 1s set according to an autore-
gressive (AR) model approximating an envelope generated
through 1nterpolation between peaks of the frequency spec-
trum.

In a preferred aspect of the invention, the function genera-
tion unit generates a conversion function for a gth phone
(q:;;Q) ngm_oln%ZQ phm}{es in the form of an eguatlon fu QY‘ +
(2,7 (& 7. ) 7)) (X -p using an average fl, and a covari-
ance 2 " of the first probability distribution corresponding
to the qth phone, an average u ;’ and a covariance X QW of the
second probability distribution corresponding to the qth
phone, and feature information X of voice of the first speaker.
In this configuration, 1t 1s possible to appropriately generate a
conversion function even when a temporal correspondence
between the feature information of the first speaker and the
feature imnformation of the second speaker 1s indefinite since
the covariance (X QFX) between the feature information of
voice of the first speaker and the feature information of voice
of the second speaker 1s unnecessary. This equation 1s dertved
per each phone upon the assumption of a linear relationship
(Y=aX+b) between the feature information X of voice of the
first speaker and the feature information Y of voice of the
second speaker.

In a preferred aspect of the invention, the function genera-
tion unit generates a conversion function for a gth phone
(q=1-Q) among Q phones in the form of an equation {u. QY +
e(2 qw . DV2(X-p, )} using an average n_* and a cova-

. 7 q /S RS R M IEY By .
riance 2 of the first probability distribution corresponding
to the qth phone, an average u ;’T and a covariance X qw of the
second probability distribution corresponding to the qth
phone, feature information X of voice of the first speaker, and
an adjusting coelficient e¢(0<e<1). In this configuration, 1t 1s
possible to appropriately generate a conversion function even
when a temporal correspondence between the feature infor-
mation of the first speaker and the feature information of the
second speaker 1s indefinite since the covariance (X QH)
between the feature information of voice of the first speaker
and the feature mformation of voice of the second speaker 1s
unnecessary. Further, since (X QW (X QH)'I)” * is adjusted by
the adjusting coetlicient e, there 1s an advantage that the
conversion function 1s generated for synthesizing the voice
having high quality for the second speaker. This equation 1s
derived per each phone upon the assumption of a linear rela-
tionship (Y=aX+b) between the feature mnformation X of
voice of the first speaker and the feature information Y of
voice of the second speaker. The adjusting coellicient ¢ 1s set
to a value 1n a range from 0.5 to 0.7, and 1s set preferably at
0.6.

The voice processing device according to a preferred
aspect of the invention further includes a storage unit (for
example, a storage device 14) that stores first segment data

[

10

15

20

25

30

35

40

45

50

55

60

65

4

(for example, segment data DS) for each of voice segments
representing voice of the first speaker, each voice segment
comprising one or more phones, and a voice quality conver-
sion unit (for example, a voice quality converter 24) that
sequentially generates second segment data (for example,
segment data DT) for each voice segment of the second
speaker based on second feature information obtained by
applying a conversion function to first feature information of
the first segment data. In detail, the second feature informa-
tion 1s obtained by applying a conversion function corre-
sponding to a phone contained in the voice segment DT, to the
feature mformation of the voice segment DS represented by
first segment data. In this aspect, second segment data corre-
sponding to voice that 1s produced by speaking (vocalizing) a
voice segment of the first segment data with a voice quality
similar to (1deally, 1dentical to) that of the second speaker 1s
generated. Here, 1t 1s possible to employ a configuration 1n
which the voice quality conversion unit previously creates
second segment data of each voice segment before voice
synthesis 1s performed or a configuration in which the voice
quality conversion unit creates second segment data required
for voice synthesis sequentially (in real time) 1n parallel with
voice synthesis.

In a preferred aspect of the mvention, when the first seg-
ment data includes a first phone (for example, a phone p1) and
a second phone (for example, a phone p2), the voice quality
conversion unt applies an interpolated conversion function to
feature information of each unit interval within a transition
period (for example, a transition period TIP) including a
boundary (for example, a boundary B) between the first
phone and the second phone such that the conversion function
changes 1n a stepwise manner {rom a conversion function (for
example, a conversion function F_, (X)) of the first phone to a
conversion tunction (for example, a conversion tunction F_,
(X)) of the second phone within the transition period. This
aspect has an advantage in that it 1s possible to generate a
synthesized sound that sounds natural, 1n which characteris-
tics (for example, envelopes of frequency spectrums) of adja-
cent phones are smoothly continuous, from the first phone to
the second phone, since the conversion function of the first
phone and the conversion function of the second phone are
interpolated such that an interpolated conversion function
applied to feature information near the phone boundary of the
first segment data changes 1n a stepwise manner within the
transition period. A detailed example of this aspect will be
described, for example, as a second embodiment.

In a preferred aspect of the mvention, the voice quality
conversion unit comprises a feature acquisition unit (for
example, a feature acquirer 42) that acquires feature informa-
tion including a plurality of coelficient values, each represent-
ing a frequency of a line spectrum that represents, by a fre-
quency line density of the line spectrum, a height of each peak
in an envelope of a frequency domain of voice represented by
cach first segment data, a conversion processing unit (for
example, a conversion processor 44) that applies the conver-
s1on function to the feature information acquired by the fea-
ture acquisition unit, and a segment data generation unit (for
example, a segment data generator 46) that generates second
segment data corresponding to the feature information pro-
duced through conversion by the conversion processing unit.
This aspect has an advantage in that 1t 1s possible to correctly
represent an envelope of voice using a plurality of coelficient
values, each representing a frequency of a line spectrum that
represents, by a frequency line density of the line spectrum, a
height of each peak in the envelope of voice of the first
segment data.
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The voice quality conversion unit 1n the voice processing
device according to a preferred example of this aspect

includes a coellicient correction unit (for example, a coelll-
cient corrector 48) that corrects each coetlicient value of the
teature information produced through conversion by the con-
version processing unit, and the segment data generation unit
generates the segment data corresponding to the feature infor-
mation produced through correction by the coefficient cor-
rection unit. In this aspect, 1t 1s possible to generate a synthe-
s1zed sound that sounds natural by correcting each coetficient
value, for example, such that the mnfluence of conversion by
the conversion function (for example, a reduction 1n the vari-
ance of each coeflicient value) 1s reduced since the coetficient
correction unit corrects each coeflicient value of the feature
information produced through conversion using the conver-
sion function. A detailed example of this aspect will be
described, for example, as a third embodiment.

The coellicient correction unit 1n a preferred aspect of the
invention includes a first correction unit (for example, a first
corrector 481) that changes a coellicient value outside a pre-
determined range to a coetlicient value within the predeter-
mined range. The coellicient correction unit also 1includes a
second correction umt (for example, a second corrector 482)
that corrects each coetlicient value so as to increase a differ-
ence between coellicient values corresponding to adjacent
spectral lines when the difference 1s less than a predetermined
value. This aspect has an advantage 1n that excessive peaks
are suppressed 1n an envelope represented by feature mnifor-
mation since the difference between adjacent coetlicient val-
ues 1s increased through correction by the second correction
unit when the difference 1s excessively small.

The coellicient correction unit 1n a preferred aspect of the
invention includes a third correction unit (for example, a third
corrector 483) that corrects each coelficient value so as to
increase variance of a time series of the coellicient value of
cach order. In this aspect, 1t1s possible to generate a peak at an
appropriate level 1n an envelope represented by feature infor-
mation since variance of the coetlicient value of each order 1s
increased through correction by the third correction unait.

The voice processing device according to each of the
aspects may not only be implemented by dedicated electronic
circuitry such as a Digital Signal Processor (DSP) but may
also be implemented through cooperation of a general arith-
metic processing unit such as a Central Processing Unit
(CPU)with aprogram. The program which allows a computer
to function as each element (each unit) ol the voice processing,
device of the invention may be provided to a user through a
computer readable recording medium storing the program
and then 1nstalled on a computer, and may also be provided
from a server device to a user through distribution over a
communication network and then installed on a computer.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a block diagram of a voice processing device of a
first embodiment of the invention;

FIG. 2 1s a block diagram of a function specifier;

FIG. 3 illustrates an operation for acquiring feature infor-
mation;

FI1G. 4 1llustrates an operation of a feature acquirer;

FI1G. 5 illustrates an (interpolation) process for generating,
an envelope;

FIG. 6 1s a block diagram of a voice quality converter;

FI1G. 7 1s a block diagram of a voice synthesizer;

FIG. 8 1s a block diagram of a voice quality converter
according to a second embodiment;

FI1G. 9 1llustrates an operation of an interpolator;
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FIG. 10 1s a block diagram of a voice quality converter
according to a third embodiment;

FIG. 11 1s a block diagram of a coelficient corrector;

FIG. 12 illustrates an operation of a second corrector;

FIG. 13 1llustrates a relationship between an envelope and
a time series of a coeflicient value of each order;

FIG. 14 1llustrates an operation of a third corrector;

FIG. 15 1s a diagram explaining an adjusting coetficient
and a distribution range of the feature information 1n a fourth
embodiment; and

FIG. 16 1s a graph showing a relation between the adjusting,
coellicient and MOS.

DETAILED DESCRIPTION OF THE INVENTION

A: First Embodiment

FIG. 1 1s a block diagram of a voice processing device 100
according to a first embodiment of the invention. As shown 1n
FIG. 1, the voice processing device 100 1s implemented as a
computer system including an arithmetic processing device
12 and a storage device 14.

The storage device 14 stores a program PGM that 1s
executed by the arithmetic processing device 12 and a variety
of data (such as a segment group GS and a sound signal VT)
that 1s used by the arithmetic processing device 12. A known
recording medium such as a semiconductor storage device or
a magnetic storage medium or a combination of a plurality of
types of recording media 1s arbitrarily used as the storage
device 14.

The segment group GS 1s a set of a plurality of segment data
items DS corresponding to different voice segments (1.€., a
sound synthesis library used for sound synthesis). Each seg-
ment data item DS of the segment group GS 1s time-series
data representing a feature of a voice wavelorm of an speaker
US (S: source). Each voice segment 1s a phone (1.., a mono-
phone), which 1s the mimimum unit (for example, a vowel or
a consonant) that 1s distinguishable 1n linguistic meaning, or
a phone chain (such as diphone or triphone) which 1s a series
of connected phones. Audibly natural sound synthesis is
achieved using the segment data DS including a phone chain
in addition to a single phone. The segment data DS 1s prepared
for all types (all species) of voice segments required for
speech synthesis (for example, for about 500 types of voice
segments when Japanese voice 1s synthesized and for about
2000 types of voice segments when English voice 1s synthe-
s1zed). In the following description, when the number of types
ol single phones among the voice segments 1s Q, each of a
plurality of segment data items DS corresponding to the Q
types of phones among the plurality of segment data 1items DS
included in the segment group GS may be referred to as
“phone data PS” or a “phone data item PS” for discrimination
from segment data DS of a phone chain.

The voice signal V'T 1s time-series data representing a time
wavelorm of voice of an speaker UT (1: target) having a
different voice quality from the source speaker US. The voice
signal VT 1ncludes waveforms of all types (Q types) of
phones (monophones). However, the voice signal VT nor-
mally does not include all types of phone chains (such as
diphones and triphones) since the voice of the target voice
signal VT 1s not a voice generated for the sake of speech
synthesis (1.e., for the sake of segment data extraction).
Accordingly, the same number of segment data 1tems as the
segment data items DS of the segment group GS cannot be
directly extracted from the voice signal VT alone. The seg-
ment data DS and segment data DT can be generated not only
from voices generated by different speakers but also from
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voices with different voice qualities generated by one
speaker. That 1s, the source speaker US and the target speaker
UT may be the same person.

Each of the segment data DS and the voice signal V'T of this
embodiment includes a sequence of numerical values
obtained by sampling a temporal wavelorm of voice at a
predetermined sampling frequency Fs. The sampling ire-
quency Fs used to generate the segment data DS or the voice
signal V'T 1s set to a high frequency (for example, 44.1 kHz
equal to the sampling frequency for general music CD) 1n
order to achieve high quality speech synthesis.

The arithmetic processing device 12 of FIG. 1 implements
a plurality of functions (such as a function specifier 22, a
voice quality converter 24, and a voice synthesizer 26) by
executing the program PGM stored 1n the storage device 14.
The function specifier 22 specifies conversion functions
F (X)-F,(X) respectively tor Q types ot phones using the
segment group GS of the first speaker US (the segment data
DS) and the voice signal VT of the second speaker UT. The
conversion function F _(X) (q=1-Q) 1s a mapping function tor
converting voice having a voice quality of the first speaker US
into voice having a voice quality of the second speaker UT.

The voice quality converter 24 of FI1G. 1 generates the same
number of segment data items DT as the segment data 1items
DS (1.e., anumber of segment data items DT corresponding to
all types of voice segments required for voice synthesis) by
applying the conversion functions F_(x) generated by the
function specifier 22 respectively to the segment data items
DS of the segment group GS. Each of the segment data 1tems
DT 1s time-series data representing a feature of a voice wave-
form that approximates (1deally, matches) the voice quality of
the speaker UT. A set of segment data items DT generated by
the voice quality converter 24 1s stored as a segment group GT
(as a library for speech synthesis) in the storage device 14.

The voice synthesizer 26 synthesizes a voice signal VSYN
representing voice of the source speaker US corresponding to
cach segment data item DS 1n the storage device 14 or a voice
signal VSYN representing voice of the target speaker UT
corresponding to each segment data item DT generated by the
voice quality converter 24. The following are descriptions of
detailed configurations and operations of the function speci-
fier 22, the voice quality converter 24, and the voice synthe-
s1zer 26.

<Function Specifier 22>

FIG. 2 1s a block diagram of the function specifier 22. As
shown 1n FIG. 2, the function specifier 22 includes a feature
acquirer 32, a first distribution generator 342, a second dis-
tribution generator 344, and a function generator 36. As
shown 1n FIG. 3, the feature acquirer 32 generates feature
information X per each unit interval TF of a phone (1.e., phone
data PS) spoken (vocalized) by the speaker US and feature
information Y per each umit interval TF of a phone (1.e., voice
signal V1) spoken by the speaker UT. First, the feature
acquirer 32 generates feature information X in each unit
interval TF (each frame) for each of phone data items PS
corresponding to Q phones (monophones) among a plurality
of segment data items DS of the segment group GS. Second,
the feature acquirer 32 divides the voice signal VT 1nto
phones on the time axis and extracts time-series data 1tems
representing respective wavetorms of the phones (heremnafter
referred to as “phone data 1tems P1”’) and generates feature
information Y per each unit interval TF for each phone data
item PT. A known technology 1s arbitrarily employed for the
process ol dividing the voice signal V'T 1nto phones. It 1s also
possible to employ a configuration in which the feature
acquirer 32 generates feature mformation X per each unit
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interval TF from a voice signal of the speaker US that 1s stored
separately from the segment data DS.

FI1G. 4 1llustrates an operation of the feature acquirer 32. In
the following description, 1t 1s assumed that feature informa-
tion X 1s generated from each phone data item PS of the
segment group GS. As shown 1n FIG. 4, the feature acquirer
32 generates feature information X by sequentially perform-
ing frequency analysis (S11 and S12), envelope generation
(513 and S14), and feature quantity specification (S15to S17)
for each unit interval TF of each phone data item PS.

When the procedure of FIG. 4 1s imtiated, the feature
acquirer 32 calculates a frequency spectrum SP through fre-
quency analysis (for example, short time Fourier transform)
of each unit interval TF of the phone data PS (S11). The time
length or position of each unit interval TF 1s variably set
according to a fundamental frequency of voice represented by
the phone data PS (pitch synchronization analysis). As shown
by a dashed line 1n FIG. 5, a plurality of peaks corresponding
to (fundamental and harmonic) components 1s present 1n the
frequency spectrum SP calculated in process S11. The feature
acquirer 32 detects the plurality of peaks of the frequency
spectrum SP (512).

As shown by a solid line 1n FIG. 3, the feature acquirer 32
specifies an envelope ENV by interpolating between each
peak (each component) detected 1 process S12 (S13).
Known curve mterpolation technology such as, for example,
cubic spline mterpolation 1s preferably used for the interpo-
lation of process S13. The feature acquirer 32 emphasizes low
frequency components by converting (1.¢., Mel scaling) fre-
quencies of the envelope ENV generated through interpola-
tion 1nto Mel frequencies (S14). The process S14 may be
omitted.

The feature acquirer 32 calculates an autocorrelation func-
tion by performing Inverse Fourier transiform on the envelope
ENYV after process S14 (S15) and estimates an autoregressive
(AR) model (an all-pole transfer function) that approximates
the envelope ENV from the autocorrelation function of pro-
cess S15 (S16). For example, the Yule-Walker equation 1s
preferably used to estimate the AR model 1n process S16. The
feature acquirer 32 generates, as feature information X, a
K-dimensional vector whose elements are K coetlicient val-
ues (line spectral frequencies) L[1] to L[K] obtained by con-
verting coelficients (AR coelficients) of the AR model esti-
mated 1n process S16 (S17).

The coetlicient values L[1] to L[K] correspond to K Line
Spectral Frequencies (LLSFs) of the AR model. That is, coel-
ficient values L[1] to L[K] corresponding to the spectral lines
are set such that intervals between adjacent spectral lines (1.¢.,
densities of the spectral lines) are changed according to levels
of the peaks of the envelope ENV approximated by the AR
model of process 16. Specifically, a smaller difference
between coellicient values L[k-1] and L[k] that are adjacent
on the (Mel) frequency axis (1.e., a smaller interval between
adjacent spectral lines) indicates a higher peak 1n the enve-
lope ENV. In addition, the order K of the AR model estimated
in process S16 1s set according to the minimum value FOmin
of the fundamental frequency of each of the voice signal VT
and the segment data DS and the sampling frequency Fs.
Specifically, the order K 1s set to a maximum value (for
example, K=30-70) 1n a range below a predetermined value
(Fs/(2-FOmin)).

The feature acquirer 32 repeats the above procedure (S11
to S17) to generate feature mformation X for each unit inter-
val TF of each phone data item PS. The feature acquirer 32
performs frequency analysis (S11 and S12), envelope genera-
tion (S13 and S14), and feature quantity specification (S13 to
S17) for each unit interval TF of a phone data item PT
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extracted for each phone from the voice signal VT 1n the same
manner as described above. Accordingly, the feature acquirer
32 generates, as feature information Y, a K-dimensional vec-
tor whose elements are K coelflicient values L[1] to L|K] for
cach unit interval TF. The feature information Y (coeflicient
values L[1] to L[K]) represents an envelope of a frequency
spectrum SP of voice of the speaker UT represented by each
phone data item PT.

Known Linear Prediction Coding (LPC) may also be
employed to represent the envelope ENV. However, if the
order of analysis 1s set to a high value according to LPC, there
1s a tendency to estimate an envelope ENV which excessively
emphasizes each peak (1.e., an envelope which 1s significantly
different from reality) when the sampling frequency Fs of an
analysis subject (the segment data DS and voice signal VT) 1s
high. On the other hand, 1n this embodiment 1n which the
envelope ENV 1s approximated through peak interpolation
(S13) and AR model estimation (S16) as described above,
there 1s an advantage 1n that 1t 1s possible to correctly repre-
sent the envelope ENV even when the sampling frequency Fs
of an analysis subject is high ({or example, the same sampling
frequency of 44.1 kHz as described above).

The first distribution generator 342 of FIG. 2 estimates a
mixed distribution model AS(X) that approximates a distri-
bution of the feature information X acquired by the feature

acquirer 32. The mixed distribution model AS(X) of this
embodiment 1s a Gaussian Mixture Model (GMM) defined 1n
the following Equation (1). Since a plurality of feature infor-
mation X sharing a phone 1s present unevenly at a specific
position in the space, the mixed distribution model AS(X) 1s
expressed as a weighted sum (linear combination) of QQ nor-
malized distributions NS, to NS, corresponding to different
phones. The mixed distribution model AS(X) means a model
defined by a plurality of normal distributions, and 1s therefore

called Multi Gaussian Model: MGM.

(1)

0
As(X) = E w] NS,
g=1

N

(O

X _ X
,Ziliﬂq = 1,,1:%r > ()
 g=1

/

A symbol f in Equation (1) denotes a weight of the gqth
normalized distribution NS _ (q=1-Q). In addition, a symbol
L ;{ in Equation (1) denotes an average (average vector) of the
normalized distribution NS_ and a symbol 2 qﬂ denotes a
covariance (auto-covariance) of the normalized distribution
NS,_. The first distribution generator 342 calculates statistic
variables (weights w,*-m ", averages 1, —{1;", and covari-
ances X, — QH) of each normalized distribution NS _ of the
mixed distribution model AS(X) of Equation (1) by perform-
ing an iterative maximum likelihood algorithm such as an
Expectation-Maximization (EM) algorithm.

Similar to the first distribution generator 342, the second
distribution generator 344 of FIG. 2 estimates a mixed distri-
bution model AT(Y) that approximates a distribution of the
feature mformation Y acquired by the feature acquirer 32.
Similar to the mixed distribution model AS(X) described
above, the mixed distribution model AT(Y) 1s a normalized
mixed distribution model (GMM) of Equation (2) expressed
as a weighted sum (linear combination) of Q normalized
distributions NT, to N'T,, corresponding to ditferent phones.
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(2)

0
Ar(Y) = E wy NT,
g=1

b

(O

Y _ Y
:E:iﬂq _.1,{uq > ()
\g=1

/

A symbol w QY in Equation (2) denotes a weight of the qth
normalized distribution N1 _. In addition, a symbol MQF 1n
Equation (2) denotes an average of the normalized distribu-
tion NT_ and a symbol X qw denotes a covariance (auto-co-
variance) of the normalized distribution NT_. The second
distribution generator 344 calculates these statistic variables
(weights w, “—m QY ,averages |l - —MQY ,and covariances 2, ' —
ZQW ) of the mixed distribution model AT(Y) of Equation (2)
by performing a known iterative maximum likelihood algo-
rithm.

The function generator 36 of FIG. 2 generates a conversion
function F _(X) (F,(X)-F (X)) for converting voice of the
speaker US to voice having a voice quality of the speaker UT
using the mixed distribution model AS(X) (the average L QX
and the covariance X **

. ) and the mixed distribution model
AT(Y) (the average u* and the covariance 2, *¥). The conver-
s1on function F(X) of the following Equation (3) 1s described

in Non-Patent Reference 1.

) (3)
'P(Cq | X)

A probability term p (c_IX) m Equation (3) denotes a
probability (conditional probability) belonging to the qth nor-
mal distribution NS_among the Q normal distributions NS, -

gig) and 1s expressed, for example, by the following Equation

/ XX ) (3A)
X
NSo| X .
\ o )

p(cqu):

¢

XX
E NSF.[X;#;? Z]
P

p=1

A conversion function F_(X) of the tollowing Equation (4)
corresponding to the gth phone 1s derived from a part of
Equation (3) corresponding to the gth normalized distribution

(NS - NT q).
F (X)={p, +Z, ) X-u ) }plc X) (4)

A symbol X qu in Equation (3) and Equation (4) 1s a cova-
riance between the feature information X and the feature
information Y. Calculation of the covariance X QYX from a
number of combination vectors including the feature infor-
mation X and the feature information Y which correspond to
cach other on the time axis 1s described 1n Non-Patent Refer-
ence 1. However, temporal correspondence between the fea-
ture information X and the feature informationY 1s indefinite
in this embodiment. Therefore, let us assume that a linear
relationship of the following Equation (5) 1s satisfied between
feature information X and feature information Y correspond-
ing to the gth phone.

}%Zaqﬁi+bq

(3)



US 9,343,060 B2

11

Based on the relation of Equation (5), a relation of the
tollowing Equation (6) 1s satisfied for the average 1, * of the
teature information X and the average p ¥ of the feature
information Y.

T=a b, (6)

The covariance X qm, of Equation (4) 1s modified to the
tollowing Equation (7) using Equations (5) and (6). Here, a
symbol E[ | denotes an average over a plurality of unit inter-
vals TF.

Hg

(7)
= E[(Y — ) (X — )]

YX
q

= E[{(a X +by) — (agu) + b )X = u)]

= a E[(X - )]

—4,

q

Accordingly, Equation (4) 1s modified to the following
Equation (4A).
F,(X)={p, +a,(X=p") }plc, 1 X)

On the other hand, the covariance 2 QW of the feature infor-
mation Y 1s expressed as the following Equation (8) using the
relations of Equations (5) and (6).

(4A)

: (8)
= E|(Y — g )"

Yy
q

= E[{(agX +b,) — (agul + b))

= E[a2(X — )]

Thus, the tollowing Equation (9) defining a coetlicient a_

of Equation (4A) 1s derived.

0, VT (z 0 (9)

The function generator 36 of FI1G. 2 generates a conversion
function F (X) (F,(X)- FQ(X)) of each phone by applying an
average |L_ and a covariance . “* (1.e., statistics associated
with the mlxed distribution model ?\S(X)) calculated by the
first distribution generator 342 and an average p, ¥ and a
covariance ™ (i.e., statistics associated with the mixed
distribution model KT(Y)) calculated by the second distribu-
tion generator 344 to Equations (4 A) and (9). The voice signal
VT may be removed from the storage device 14 after the
conversion function F_(X) 1s generated as described above.

<Voice Quality Converter 24>

The voice quality converter 24 of FIG. 1 generates a seg-
ment group GT by repeatedly performing, on each segment
data item DS 1n the segment group GS, a process for applying
each conversion function F_(X) generated by the function
specifier 22 to the segment data 1tem DS and generating a
segment data item DT. Voice of the segment data DT gener-
ated from the segment data DS of each voice segment corre-
sponds to voice generated by speaking the voice segment with
a voice quality that 1s similar to (ideally, matches) the voice
quality of the speaker UT. FIG. 6 1s a block diagram of the
voice quality converter 24. As shown in FIG. 6, the voice
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quality converter 24 includes a feature acquirer 42, a conver-
s1on processor 44, and a segment data generator 46.

The feature acquirer 42 generates feature information X for
cach unit interval TF of each segment data item DS in the
segment group GS. The feature information X generated by
the feature acquirer 42 1s similar to the feature information X
generated by the feature acquirer 32 described above. That s,
similar to the feature acquirer 32 of the function specifier 22,
the feature acquirer 42 generates feature mformation X for
cach unit interval TF of the segment data DS by performing
the procedure of F1G. 4. Accordingly, the feature information
X generated by the feature acquirer 42 1s a K-dimensional
vector whose elements are K coetficient values (line spectral
frequencies) L[ 1] to L[K] representing coelficients (AR coet-
ficients) of the AR model that approximates the envelope
ENYV of the frequency spectrum SP of the segment data DS.

The conversion processor 44 of FIG. 6 generates feature
information XT for each unit interval TF by performing cal-
culation of the conversion functionF_(X) of Equation (4A) on
the feature information X of each unit interval TF generated
by the feature acquirer 42. A single conversion function F _(X)
corresponding to one kind of phone of the unit interval TF
among the Q conversion functions F(X) to F ,(X) 1s applied
to the feature information X of each unit interval TF. Accord-
ingly, a common conversion function F_(X) 1s applied to the
feature information X of each unit interval TF for segment
data DS of a voice segment including a singe phone. On the
other hand, a ditferent conversion function ¥ _(X)1s applied to
feature information X of each unit interval TF for segment
data DS of a voice segment (phone chain) including a plural-
ity of phones. For example, for segment data DS of a phone
chain (i.e., a diphone) including a first phone and a second
phone, a conversion function F_,(X) 1s applied to feature
information X of each unit interval TF corresponding to the
first phone and a conversion tunction F_,(X) 1s applied to
feature mnformation X of each unit interval TF corresponding
to the second phone (ql=qg2). Similar to the feature informa-
tion X before conversion, the feature mformation X'T gener-
ated by the conversion processor 44 1s a K-dimensional vector
whose elements are K coefficient values (line spectral fre-
quencies) LT[ 1] to LT[K] and represents an envelope ENV_T
ol a frequency spectrum of voice (1.e., voice that the speaker
UT generates by speaking (or vocalizing) the voice segment
of the segment data DS) generated by converting voice qual-
ity of voice ol the speaker US represented by the segment data
DS 1nto voice quality of the speaker UT.

The segment data generator 46 sequentially generates seg-
ment data DT corresponding to the feature information X'T of
cach unit interval TF generated by the conversion processor
44. As shown 1 FIG. 6, the segment data generator 46
includes a difference generator 462 and a processing unit 464.
The difference generator 462 generates a difference AE
(AE=ENV-ENV_T) between the envelope ENV represented
by the feature information X that the feature acquirer 42
generates from the segment data DS and the envelope ENV_T
represented by the feature information X'T generated through
conversion by the conversion processor 44. That 1s, the dii-
terence AE corresponds to a voice quality (frequency spectral

* it i

envelope) difference between the speaker US and the speaker
UT.

The processing unit 464 generates a frequency spectrum
SP_T (SP_T=SP+AE) by synthesizing ({or example, adding)
the frequency spectrum SP of the segment data DS and the AE
generated by the difference generator 462. As 1s understood
from the above description, the frequency spectrum SP_T
corresponds to a frequency spectrum of voice that the speaker
U generates by speaking a voice segment represented by the
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segment data DS. The processing unit 464 converts the fre-
quency spectrum SP_T produced through synthesis into seg-

ment data DT of the time domain through inverse Fourier
transiform. The above procedure i1s performed on each seg-
ment data 1item DS (each voice segment) to generate a seg-
ment group G1.

<Voice Synthesizer 26>

FI1G. 7 1s a block diagram of the voice synthesizer 26. Score
data SC in FI1G. 7 1s information that chronologically specifies
a note (pitch and duration) and a word (sound generation
word) of each specified sound to be synthesized. The score
data SC 1s composed according to an instruction (for
example, an instruction to add or edit each specified sound)
from the user and 1s then stored 1n the storage device 14. As
shown 1n FI1G. 7, the voice synthesizer 26 includes a segment
selector 52 and a synthesis processor 54.

The segment selector 52 sequentially selects segment data
D (DS, DT) of a voice segment corresponding to a song word
(vocal) specified by the score data SC from the storage device
14. The user specifies one of the speaker US (segment group
(GS) and the speaker UT (segment group G'T) to instruct voice
synthesis. When the user has specified the speaker US, the
segment selector 52 selects the segment data DS from the
segment group GS. On the other hand, when the user has
specified the speaker UT, the segment selector 52 selects the
segment data DT from the segment group G'T generated by
the voice quality converter 24.

The synthesis processor 54 generates a voice signal VSYN
by connecting the segment data items D (DS, DT) sequen-
tially selected by the segment selector 52 after adjusting the
segment data items D according to the pitch and duration of
cach specified note of the score data SC. The voice signal
VSYN generated by the voice synthesizer 26 1s provided to,
for example, a sound emission device such as a speaker to be
reproduced as a sound wave. As a result, a singing sound (or
a vocal sound) that the speaker (US, UT) specified by the user
generates by speaking the word of each specified sound of the
score data SC 1s reproduced.

In the above embodiment, under the assumption of the
linear relation (Equation (5)) between the feature information
X and the feature informationY, a conversion function F _(X)
of each phone 1s generated using both the average pf and
covariance X QH of each normalized distribution NS _ that
approximates the distribution of the feature information X of
voice of the speaker US and the average u QY and covariance
) QW ot each normalized distribution N'T that approximates
the distribution of the feature information Y of voice of the
speaker UT. In addition, segment data DT (a segment group
GT) i1s generated by applying a conversion function F_(X)
corresponding to a phone of each voice segment to the seg-
ment data DS of the voice segment. In this configuration, the
same number of segment data items DT as the number of
segment data items of the segment group GS are generated
even when all types of voice segments for the speaker UT are
not present. Accordingly, it 1s possible to reduce burden
imposed upon the speaker UT. In addition, there 1s an advan-
tage 1n that, even 1n a situation where voice of the speaker UT
cannot be recorded (for example, where the speaker U'T 1s not
alive), 1t 1s possible to generate segment data DT correspond-
ing to all types of voice segments (i.e., to synthesize an
arbitrary voiced sound of the speaker UT) 1f only the voice
signal V'T of each phone of the speaker U'T has been recorded.

B: Second Embodiment

A second embodiment of the invention 1s described below.
In each embodiment 1llustrated below, elements whose opera-
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tions or functions are similar to those of the first embodiment
will be denoted by the same reference numerals as used 1n the
above description and a detailed description thereol will be
omitted as appropriate.

Since the conversion function F_(X) of Equation (4A) 1s
difterent for each phone (1.e., each conversion function F _(X)
i1s different), the conversion function F_(X) discontinuously
changes at boundary time points of adjacent phones in the
case where the voice quality converter 24 (the conversion
processor 44) generates segment data DT from segment data
DS composed of a plurality of consecutive phones (phone
chains). Therefore, there 1s a possibility that characteristics
(for example, frequency spectrum envelope) of voice repre-
sented by the converted segment data DT sharply change at
boundary time points of phones and a synthesized sound
generated using the segment data DT sounds unnatural. An
object of the second embodiment 1s to reduce this problem.

FIG. 8 15 a block diagram of a voice quality converter 24 of
the second embodiment. As shown 1n FIG. 8, a conversion
processor 44 of the voice quality converter 24 of the second
embodiment 1ncludes an interpolator 442. The interpolator
442 interpolates a conversion function FOX) applied to fea-
ture information X of each unit interval TF when the segment
data DS represents a phone chain.

For example, let us consider the case where segment data
DS represents a voice segment composed of a sequence of a
phone pl and a phone p2 as shown 1n FIG. 9. A conversion
function F_,(X) of the phone p1 and a conversion function
F_»(X) ot the phone p2 are used to generate segment data DT.
a transition period TIP including a boundary B between the
phone p1 and the phone p2 1s shown 1n FIG. 9. The transition
period TIP 1s a duration including a number of unit intervals
TF (for example, 10 unit intervals TF) immediately before the
boundary B and a number of unit intervals TF (for example,
10 unit intervals TF) immediately after the boundary B.

The interpolator 442 of FIG. 8 calculates a conversion
function F_(X) of each unit iterval TF 1nvolved 1n the tran-
sition period TIP through interpolation between the conver-
sion function F_,(X) ot the phone pl and the conversion
function F_,(X) ot the phone p2 such that the conversion
tunction F _(X) applied to feature information X of each unit
interval TF 1n the transition period TIP changes in each unit
interval TF 1n a stepwise manner from the conversion func-
tion F_,(X) to the conversion function F_,(X) over the tran-
sition period TIP from the start to the end of the transition
period TIP. While the interpolator 442 may use any interpo-
lation method, it preferably uses, for example, linear interpo-
lation.

The conversion processor 44 of FIG. 8 applies, to each unit
interval TF outside the transition period TIP, a conversion
function F_(X) corresponding to a phone of the umit interval
TF, similar to the first embodiment, and applies a conversion
tunction F_(X) interpolated by the interpolator 442 to feature
information X of each unit interval TF within the transition
period TIP to generate feature mformation XT of each umit
interval TF.

The second embodiment has the same advantages as the
first embodiment. In addition, the second embodiment has an
advantage in that 1t 1s possible to generate a synthesized sound
that sounds natural, 1n which characteristics (for example,

envelopes) ol adjacent phones are smoothly continuous, from
segment data DT since the interpolator 442 interpolates the
conversion function F_(X) such that the conversion function
F_(X) applied to feature information X near a phone bound-
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ary B of segment data DS changes in a stepwise manner
within the transition period TIP.

C: Third Embodiment

FI1G. 10 1s a block diagram of the voice quality converter 24
according to a third embodiment. As shown 1n FIG. 10, the
voice quality converter 24 of the third embodiment 1s con-
structed by adding a coetlicient corrector 48 to the voice
quality converter 24 of the first embodiment. The coellicient
corrector 48 corrects coellicient values L'T[1] to LT[K] of the
teature information XT of each unit interval TF generated by
the conversion processor 44.

As shown 1n FIG. 11, the coeflicient corrector 48 includes
a first corrector 481, a second corrector 482, and a third
corrector 483. Using the same method as 1n the first embodi-
ment, a segment data generator 46 of FIG. 10 sequentially
generates, for each unit iterval TF, segment data DT corre-

sponding to the feature information XT including coetlicient

values LT[1] to LT[K] corrected by the first corrector 481, the
second corrector 482, and the third corrector 483. Details of
correction of coefficient values LT[1] to LT[K] are described
below.

<First Corrector 481>

The coetlicient values (line spectral frequencies) LT[1] to
LT[K]representing the envelope ENV_T need to be in arange
R ofOtom (O<LT[1]<LT[2]...<LT[K]<m). However, there is
a possibility that the coellicient values LT[1] to LT[K] are
outside the range R due to processing by the voice quality
converter 24 (i.e., due to conversion based on the conversion
tfunction FOX)). Therefore, the first corrector 481 corrects the
coellicient values L'T[1] to LT[K] to values within the range
R. Specifically, when the coetlicient value LT[k] 1s less than
zero (LT[k]<0), the first corrector 481 changes the coellicient
value LT[k] to a coellicient value LT [k+1] that 1s adjacent to
the coetlicient value LT[k] at the positive side thereof on the
frequency axis (LT[k]=LT[k+1]). On the other hand, when the
coefficient value LT[k] is higher than 7t (LT[Kk]>m), the first
corrector 481 changes the coellicient value L'T[k] to a coetli-
cient value L'T[k-1] that 1s adjacent to the coelficient value
LT[k] at the negative side thereot on the frequency axis (LT
[kK]=LT[k-1]). As a result, the corrected coetlicient values
LT[1] to LT[k] are distributed within the range R.

<Second Corrector 482>

When the difference AL (AL=LT[k]-LT[k-1]) between
two adjacent coellicient values LT[k] and LT[k-1] 1s exces-
stvely small (1.e., spectral lines are excessively close to each
other), there 1s a possibility that the envelope ENV_T has an
abnormally great peak such that reproduced sound of the
voice signal VSYN sounds unnatural. Therefore, the second
corrector 482 increases the difference AL between two adja-
cent coelflicient values LT[k] and LT[k-1] when the differ-
ence 1s less than a predetermined value Amin.

Specifically, when the difference AL between two adjacent
coellicient values LT[k] and LT[k-1] 1s less than the prede-
termined value Amin, the negative-side coelficient value
LT[k-1] 1s set to a value obtained by subtracting one half of

the predetermined value Amin from a middle value W (=(LT
[k-1]+LT[k])/2)) of the coelficient value L'I[k-1] and the

coellicient value [k] (LT[k-1]=W-Amin/2) as shown in FIG.
12. On the other hand, the positive-side coellicient value
LT[k] betfore correction 1s set to a value obtained by adding
one half of the predetermined value Amin to the middle value
W (LT[k][=W+Amin/2). Accordingly, the coellicient value
LT[k-1] and the coetlicient value LT[k] after correction by
the second corrector 482 are set to values that are separated by
the predetermined value Amin with respect to the middle
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value W. That 1s, the interval between a spectral line of the
coellicient value LT[k-1] and a spectral line of the coetficient

value LT][k] 1s increased to the predetermined value Amin.
<Third Corrector 483>

FIG. 13 illustrates a time series (trajectory) of each order k
ol the coelficient value L[k] before conversion by the conver-
sion tunction F_(X). Since each coetficient value L[k] before
conversion by the conversion function F_(X) 1s appropriately
spread (1.e., temporally changes appropriately), a duration 1n
which the adjacent coetlicient values L[k] and L[k-1] have
approprately approached each other 1s present as shown 1n
FIG. 13. Accordingly, the envelope ENV expressed by the
feature information X before conversion has an approprately
high peak as shown in FIG. 13.

A solid line 1n FIG. 14 1s a time series (trajectory) of each
order k of the coellicient value LTa[k] after conversion by the
conversion function F_(X). The coetficient value L1a[k] 1s a
coellicient value L'T[k] that has not been corrected by the third
corrector 483. As 1s understood from E ;quation (4A), 1n the
conversion function F_(X), the average 1, ~ is subtracted from
the feature mformatlon X and the resultmg value 1s multlphed
by the square root (less than 1) of the ratio (2, (Z ™ of
the covariance 2 _ " to the covariance 2, A Due to subtrac-
tion of the average u -~ and multlphcatlon by the square root of
the ratio (X QF 1= ;&) the variance of each coelficient value
LIa[k] after conversion using the conversion function F_(X)
1s reduced compared to that before conversion shown in FIG.
13 as shown in FIG. 14. That 1s, temporal change of the
coellicient value LTa[k] 1s suppressed. Accordingly, there 1s a
tendency that the difference AL between adjacent coelficient
values L'Ta[k-1] and LTa[k] 1s maintained at a high value and
the peak of the envelope ENV_T represented by the feature
information XT 1s suppressed (smoothed) as shown 1n FIG.
14. In the case where the peak of the envelope ENV_T 1s
suppressed 1n this manner, there 1s a possibility of reproduced
sound of the voice signal VSYN sounding unclear and
unnatural.

Therefore, the third corrector 483 corrects each of the
coellicient values L'Ta|l] to LTa[K] so as to increase the
variance of each order k of the coelficient value L'Ta[k] (1.e., to
increase a dynamic range 1n which the coetficient value LT [K]
varies with time). Specifically, the third corrector 483 calcu-
lates the corrected coellicient value LT[k] according to the
tollowing Equation (10).

LTalk| — mean(LTalk])
std(LTalk])

(10)

LTk] = (agq-0y) + mean(LTalk])

A symbol mean(I'Ta[k]) in Equation (10) denotes an aver-
age of the coellicient value LTal[k] within a predetermined
period PL. While the time length of the period PL 1s arbitrary,
it may be set to, for example, a time length of about 1 phrase
of vocal music. A symbol std(LTalk ) in Equation (10)
denotes a standard deviation of each coellicient value LTa[k]
within the period PL.

A symbol ok in Equation (10) denotes a standard deviation
of a coelficient value L[k] of order k among the K coefficient
values L[1] to L[ K] that constitute feature information Y (see
FIG. 3) of each unit interval TF 1n the voice signal VT of the
speaker UT. In the procedure (shown 1n FIG. 3) 1n which the
function specifier 22 generates the covariance F_(X), the stan-
dard deviation ok of each order k is calculated from the
feature informationY of the voice signal VT and 1s then stored
in the storage device 14. The third corrector 483 applies the
standard deviation ok stored in the storage device 14 to the
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calculation of Equation (10). A symbol astd in Equation (10)
denotes a predetermined constant (normalization parameter).

While the constant astd 1s statistically or experimentally
selected so as to generate a synthesized sound that sounds
natural, the constant astd 1s preferably set to, for example, a
value of about 0.7.

As 1s understood from Equation (10), the variance of the
coellicient value L'Ta[k] 1s normalized by dividing the value
obtained by subtracting the average mean(L'Ta[k]) from the
uncorrected coetficient value LTa[k] by the standard devia-
tion std(L'Ta[k]), and the variance of the coefficient value
LTa[k] 1s increased through multiplication by the constant
a.std and the standard deviation ok. Specifically, the varnance
of the corrected coetlicient value LT[Kk] increases compared to
that of the uncorrected coetlicient value as the standard devia-
tion (variance) ok of the coellicient value L[k] of the feature
information Y of the voice signal VT (each phone data item
PT)increases. Addition of the average mean(LTa[k]) in Equa-
tion (10) allows the average of the corrected coellicient value
LT[k] to match the average of the uncorrected coellicient
value LTalk].

As aresult of the calculation described above, the variance
ol the time series of the corrected coefficient value LT[k]
increases (1.e., the temporal change of the coelficient value
LT[k] increases) compared to that of the uncorrected coetli-
cient value LT[k] as shown by dashed lines in FIG. 14.
Accordingly, the adjacent coellicient values LT[k-1] and
LT[k] appropriately approach each other. That1s, as shown by
dashed lines 1n FIG. 14, peaks similar to those before correc-
tion through the conversion function F_(X) are generated as
frequently as 1s appropriate in the envelope ENV_T repre-
sented by the feature information XT corrected by the third
corrector 483 (1.e., the influence of conversion through the
conversion function F_(X) 1s reduced). Accordingly, it 1s pos-
sible to synthesize a clear and natural sound.

The third embodiment achieves the same advantages as the
first embodiment. In addition, 1n the third embodiment, since
the feature information XT (1.e., coellicient values L'T[1] to
LT[K]) produced through conversion by the voice quality
converter 24 1s corrected, the influence of conversion through
the conversion function F_(X) 1s reduced, thereby generating
a natural sound. At least one of the first corrector 481, the
second corrector 482, and the third corrector 483 may be
omitted. The order of corrections 1n the coellicient corrector
48 1s also arbitrary. For example, 1t 1s possible to employ a
configuration in which correction of the first corrector 481 or
the second corrector 482 1s performed after correction of the
third corrector 483 1s performed.

D: Fourth Embodiment

FIG. 15 1s a scatter diagram showing correlation between
the feature mformation X and the feature information Y of
actually collected sound of a given phone with respect to one
domain of the feature information. As described above 1n the
respective embodiments, in case that the coetficient a_ of
Equation (9) 1s applied to Equation (4A), linear correlation
(Distribution rl) 1s observed between the feature information
X and the feature information Y. On the other hand, as indi-
cated by Distribution r0, the feature information X and the
feature information Y observed from actual sound distribute
broadly as compared to the case where the coefficient a_ of
Equation (9) 1s applied.

Distribution zone of the feature immformation X and the
feature informationY approaches to a circle as the norm of the
coetticient a, becomes smaller. Theretore, as compared to the
case of Distribution rl, 1t 1s possible to approach the correla-
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tion between the feature information X and the feature infor-
mation Y to real Distribution r0 by setting the coetficient a_
such as to reduce the norm. In consideration of the above
tendency, 1n the fourth embodiment, adjusting coefficient
(weight value) e for adjusting the coetlicient a_ 1s introduced
as defined 1n the following Equation (9A). Namely, the func-
tion specifier 22 (function generator 36) of the fourth embodi-
ment generates the conversion tunctionF_(X) (F, (X)-F (X))
of each phone by computation of Equation (4A) and Equation
(9A). The adjusting coellicient e 1s set 1n a range of positive
value less than 1 (O<e<1).

a;e\/rz;“”@f’f)—l (9A)

The Dastribution r1 obtained by calculating the coetlicient
a, according to Equation (9) as described n the previous
embodiments 1s equivalent to the case where the adjusting
coellicient e of the Equation (9A) 1s set to 1. As understood
from the Dastribution r2 (€=0.97) and the Distribution r3
(e=0.75) shown 1n F1G. 15, the distribution zone of the feature
information X and the feature information Y expands as the
adjusting coellicient € becomes smaller, and the distribution
areca approaches to a circle as the adjusting coeflicient ¢
approaches to 0. FIG. 15 indicates a tendency that auditorily
natural sound can be generated in case that the adjusting
coellicient e 1s set such that the distribution of the feature
information X and the feature information Y approaches to
the real Distribution r0.

FIG. 16 1s a graph showing mean values and standard
deviations of MOS (Mean Opinion Score) of reproduced
sound of audio signal VSYN generated for each segment data
DT of the speaker UT by the Voice Synthesizer 26, where the
adjusting coellicient e 1s varied as a parameter to different
values 0.2, 0.6 and 1.0. The vertical axis of graph of FIG. 16
indicates MOS which represents an index value (1-35) of sub-
jective evaluation of sound quality, and which means that the
sound quality 1s higher as the index value 1s greater.

A certain tendency 1s recognized tfrom FIG. 16 that the
sound having high quality 1s generated when the adjusting
coellicient e 1s set to a value around 0.6. In view of the above
tendency, the adjusting coetlicient ¢ of the Equation (9A) 1s
set to arange between 0.5 and 0.7, and 1s preferably set to 0.6.

The fourth embodiment also achieves the same etiects as
those achieved by the first embodiment. Further in the fourth
embodiment, the coetlicient a_ 1s adjusted by the adjusting
parameter ¢, hence dispersion of the coellicient value LTa[k]
after conversion by the conversion function F_(X) increases
(namely, variation of the numerical value along time axis
increases). Therefore, there 1s an advantage of generating
segment data DT capable of synthesizing auditorily natural
sound of high quality by the same manner as the third embodi-
ment which 1s described i conjunction with FIG. 14.

E: Modifications

Various modifications can be made to each of the above
embodiments. The following are specific examples of such
modifications. Two or more modifications freely selected
from the following examples may be appropriately com-

bined.

(1) Modification 1

The format of the segment data D (DS, DT) 1s diverse. For
example, 1t 1s possible to employ a configuration in which the
segment data D represents a frequency spectrum of voice or a
configuration in which the segment data D represents feature
information (X, Y, YT). Frequency analysis (511, S12) of
FIG. 3 1s omitted in the configuration in which the segment
data DS represents a frequency spectrum. The feature
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acquirer 32 or the feature acquirer 42 functions as a compo-
nent for acquiring the segment data D and the procedure of
FIG. 4 (frequency analysis (511, S12), envelope specification
(S13, S14), etc.) 1s omitted 1n the configuration in which the
segment data DS represents feature information (X, Y, YT). A
method of generating a voice signal VSYN through the voice
synthesizer 26 (the synthesis processor 54) 1s appropriately
selected according to the format of the segment data D (DS,
DT).

In each of the above embodiments, the feature represented
by the feature information (X, Y, XT) 1s not limited to a series
ol K coetlicient values L[1] to L[K] (LT[1] to LT[K]) speci-
fying an AR model line spectrum. For example, it 1s also
possible to employ a configuration in which the feature infor-
mation (X, Y, XT) represents another feature such as MFCC
(Mel-Frequency Cepstral Coellicient) and Cepstral Coelli-
cients.

(2) Modification 2

Although a segment group GT including a plurality of
segment data items DT 1s previously generated before voice
synthesis 1s performed 1n each of the above embodiments, 1t 1s
also possible to employ a configuration in which the voice
quality converter 24 sequentially generates segment data
items DT in parallel with voice synthesis through the voice
synthesizer 26. That 1s, each time a word 1s specified by a
vocal part 1n score data SC, segment data DS corresponding to
the word 1s acquired from the storage device 14 and a con-
version tunction F_(X) 1s applied to the acquired segment data
DS to generate segment data DT. The voice synthesizer 26
sequentially generates a voice signal VSYN from the segment
data DT generated by the voice quality converter 24. In this
configuration, there 1s an advantage 1n that required capacity
of the storage device 14 1s reduced since there 1s no need to
store a segment group GT 1n the storage device 14.

(3) Modification 3

Although the voice processing device 100 including the
function specifier 22, the voice quality converter 24, and the
voice synthesizer 26 1s 1llustrated 1n each of the embodiments,
the elements of the voice processing device 100 may be
individually mounted 1n a plurality of devices. For example, a
voice processing device imncluding a function specifier 22 and
a storage device 14 that stores a segment group GS and a voice
signal VT (1.e., having a configuration 1n which a voice qual-
ity converter 24 or a voice synthesizer 26 1s omitted) may be
used as a device (a conversion function generation device)
that specifies a conversion function F _(X) that 1s used by a
voice quality converter 24 of another device. In addition, a
voice processing device including a voice quality converter
24 and a storage device 14 that stores a segment group GS
(1.e., having a configuration in which a voice synthesizer 26 1s
omitted) may be used as a device (a segment data generation
device) that generates a segment group GT used for voice
synthesis by a voice synthesizer 26 of another device by
applying a conversion function F_(X) to the segment group
GS.

(4) Modification 4

Although synthesis of a singing sound 1s 1llustrated i each
ol the above embodiments, it 1s possible to apply the invention
in the same manner as 1n each of the above embodiments
when a spoken sound (for example, a conversation) other than
singing sound 1s synthesized.

What 1s claimed 1s:

1. A voice processing device comprising;:

a first distribution generation umt configured to approxi-

mate a distribution of feature information representative
ol a voice of a first speaker per a unit interval thereof as
a mixed probability distribution which 1s a mixture of a
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plurality of first probability distributions, the plurality of
first probability distributions corresponding to a plural-
ity of different phones;

a second distribution generation unit configured to
approximate a distribution of feature information repre-
sentative ol a voice of a second speaker per a unit interval
thereol as a mixed probability distribution which 1s a
mixture of a plurality of second probability distributions
corresponding to a plurality of different phones;

a Tunction generation unit configured to generate, for each
phone, a conversion function for converting the feature
information representative of the voice of the first
speaker to the feature mformation representative of the
voice of the second speaker based on respective statistics
of the first probability distribution and the second prob-
ability distribution that correspond to the phone,
wherein the conversion function i1s generated based on

an auto-covariance of the first probability distribution
and an auto-covariance of the second probability dis-

tribution, without using a cross-covariance between

the feature information representative of the voice of

the first speaker and the feature information represen-
tative of the voice of the second speaker,

wherein the conversion function for a gth phone (gq=1-
Q) among a plurality of Q phones includes the follow-
ng Expressmn (A) using an average |1, * and an auto-
covariance X “* as statistics of the first probability
distribution correspondmg to the qth phone, an aver-
age qu and an auto-covariance qu of the second
probability distribution corresponding to the qth
phone, and feature mmformation X representative of
the voice of the first speaker:

L gY +\/Zgﬂ7 » {i,‘”"‘?‘:)_l(X—‘ur QX Expression (A), and

a voice quality conversion unit configured to sequentially
generate second segment data for each voice segment of
the second speaker based on feature information
obtained by applying a conversion function correspond-
ing to a phone contained 1n the voice segment to feature
information of the voice segment represented by first
segment data.

2. The voice processing device according to claim 1,
wherein the conversion function for a qth phone (g=1-Q)
among a plurality of Q phones includes the following Expres-
sion (B) using an average L, * and an auto-covariance 2, “* as
statistics of the first probablhty distribution correspondmg to
the qth phone, an average p, ¥ and an auto-covariance 2, " of
the second probability dlstrlbutlon corresponding to the qth
phone, feature mformation X representative of the voice of
the first speaker, and an adjusting coetlicient e (0<<e<1):

L gY +€:\/E QY Y gﬂ)_l (X—u QX Expression (B).

3. The voice processing device according to claim 1 further
comprising:

a storage unit configured to store the first segment data
representing voice segments ol the first speaker, each
volce segment comprising one or more phones.

4. The voice processing device according to claim 1,
wherein, when the {irst segment data has a voice segment
composed of a sequence of a first phone and a second phone,
the voice quality conversion unit 1s configured to apply an
interpolated conversion function to feature information of
cach unit interval within a transition period including a
boundary between the first phone and the second phone such
that the iterpolated conversion function changes 1n a step-
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wise manner from a conversion function of the first phone to
a conversion function of the second phone within the transi-
tion period.

5. The voice processing device according to claim 1,
wherein the voice quality conversion unit comprises:

a feature acquisition unit configured to acquire feature
information mcluding a plurality of coetlicient values,
cach representing a {frequency of a line spectrum that
represents, by a frequency line density of the line spec-
trum, a height of each peak in an envelope of a frequency
domain of a voice represented by each first segment
data;

a conversion processing unit configured to apply the con-
version function to the feature information acquired by
the feature acquisition unit;

a coellicient correction unit configured to correct each
coellicient value of the feature information produced
through conversion by the conversion processing unit;
and

a segment data generation unit configured to generate sec-
ond segment data corresponding to the feature informa-
tion produced through correction by the coellicient cor-
rection unit.

6. The voice processing device according to claim 5,
wherein the coetficient correction unit comprises a correction
unit configured to change a coellicient value outside a prede-
termined range to a coellicient value within the predeter-
mined range.

7. The voice processing device according to claim 3,
wherein the coelficient correction unit comprises a correction
unit configured to correct each coellicient value so as to
increase a difference between coelficient values correspond-
ing to adjacent spectral lines when the difference 1s less than
a predetermined value.

8. The voice processing device according to claim 3,
wherein the coelficient correction unit comprises a correction
unit configured to correct each coetlicient value so as to
increase variance of a time series of the coellicient value of
cach order.

9. The voice processing device according to claim 1, fur-
ther comprising a feature acquisition umt configured to
acquire, for the voice of each of the first and second speakers,
feature information including a plurality of coeflicient values,
cach representing a frequency of a line spectrum that repre-
sents, by a frequency line density of the line spectrum, a
height of each peak 1in an envelope of a frequency domain of
the voice of each of the first and second speakers.

10. The voice processing device according to claim 9,
wherein the feature acquisition unit comprises:

an envelope generation unit configured to generate an
envelope through interpolation between peaks of the
frequency spectrum for the voice of each of the first and
second speakers; and

a feature specification unit configured to estimate an
autoregressive model approximating the envelope and
sets a plurality of coellicient values according to the
autoregressive model.

11. A non-transitory computer-readable storage medium
containing a program executable by a computer for perform-
ing a voice processing method comprising:

approximating a distribution of feature information repre-
sentative of a voice of a first speaker per a unit interval
thereol as a mixed probability distribution which 1s a
mixture of a plurality of first probability distributions,
the plurality of first probability distributions corre-
sponding to a plurality of different phones;
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approximating a distribution of feature information repre-
sentative ol a voice of a second speaker per a unit interval
thereol as a mixed probability distribution which 1s a
mixture of a plurality of second probability distributions
corresponding to a plurality of different phones;
generating, for each phone, a conversion function for con-
verting the feature information representative of the
voice of the first speaker to the feature information rep-
resentative of the voice of the second speaker based on
respective statistics of the first probability distribution
and the second probability distribution that correspond
to the phone,
wherein the conversion function 1s generated based on an
auto-covariance of the first probabaility distribution and
an auto-covariance ol the second probability distribu-
tion, without using a cross-covariance between the fea-
ture mformation representative of the voice of the first
speaker and the feature information representative of the
voice of the second speaker,
wherein the conversion function for a gth phone (q=1-
Q) among a plurality of Q phones includes the follow-
ing Expression (A) using an average 1L f and an auto-
covariance QH as statistics of the first probability
distribution corresponding to the qth phone, an aver-
age |,' and an auto-covariance 2_"* of the second
probability distribution corresponding to the qth

phone, and feature mformation X representative of
the voice of the first speaker:

p; +\/2;T (EQ,}‘TX)_I()11'—;1!;‘j Expression (A), and

generating second segment data for each voice segment of
the second speaker based on feature information
obtained by applying a conversion function correspond-
ing to a phone contained 1n the voice segment to feature
information of the voice segment represented by first
segment data.

12. The non-transitory computer-readable storage medium
according to claim 11, the voice processing method compris-
ng:

applying, when the first segment data has a voice segment

composed of a sequence of a first phone and a second
phone, an interpolated conversion function to feature
information of each unit interval within a transition
period including a boundary between the first phone and
the second phone such that the interpolated conversion
function changes 1n a stepwise manner from a conver-
sion function of the first phone to a conversion function
of the second phone within the transition period.

13. The non-transitory computer-readable storage medium
according to claim 11, the voice processing method compris-
ng:

acquiring feature information including a plurality of coet-

ficient values, each representing a frequency of a line
spectrum that represents, by a frequency line density of
the line spectrum, a height of each peak in an envelope of
a frequency domain of a voice represented by each {first
segment data;

applying the conversion function to the acquired feature

information;

correcting each coellicient value of the feature information

produced through said applying of the conversion func-
tion; and

generating second segment data corresponding to the fea-

ture mnformation produced through said correcting of
cach coellicient value.
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the second phone such that the interpolated conversion
function changes 1n a stepwise manner from a conver-
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14. The non-transitory computer-readable storage medium sion function of the first phone to a conversion function
according to claim 11, the voice processing method compris- of the second phone within the transition period.
Ing: 17. The voice processing device according to claim 15, the
acquiring, for the voice of each of the first and second computer for executing the program for performing:
speakers, feature information including a plurality of 5 acquiring feature information including a plurality of coef-
coefficient values, each representing a frequency of a ficient values, each representing a frequency of a line
line spectrum that represents, bya frequenf:y line density spectrum that represents, by a frequency line density of
ofthe line spectrum, a height of each peak in an envelope the line spectrum, a height of each peak in an envelope of
of a frequency domain of the voice ot each ot the first and a frequency domain of a voice represented by each first
second speakers. 10 segment data;
15. A VOICE processing device comprising: _ applying the conversion function to the acquired feature
a non-transitory computer-readable storage medium stor- information:
ing a program; and _ correcting each coefficient value of the feature information
a computf.:%r fO? E’XECI}UHE th‘e program for per form;ng: produced through said applying of the conversion func-
approximating a distribution of feature information rep- 15 tion: and
r esentative ot a voice ‘?f a first spga}ker per d th generating second segment data corresponding to the fea-
interval thereol as a mixed probability distribution ture information produced through said correcting of
which 1s a mixture of a plurality of first probability each coefficient value.
distributions, the plurality of first probability distribu- 18. A voice processing device comprising:
tions corresponding to a plurality of different phones; 20 digital signal processor (DSP) for performing:
approximating a distribution of feature information rep- approximating a distribution of feature information rep-
Fesentative of a voice Of a second spgaker per a qnit resentative of a voice of a first speaker per a unit
interval thereof as a mixed probability distribution interval thereof as a mixed probability distribution
which 1s a mixture of a plurality of second probability which is a mixture of a plurality of first probability
distributions corresponding to a plurality of different 2s distributions, the plurality of first probability distribu-
phOIl?S; | _ tions corresponding to a plurality of different phones;
generating, for each PhOI_leﬂ 4 conversion functhn for approximating a distribution of feature information rep-
converting the feature information representative of resentative of a voice of a second speaker per a unit
the voice of the first speaker to the feature information interval thereof as a mixed probability distribution
representative of the voice of the second speaker 30 which is a mixture of a plurality of second probability
based on respective statistics of the first probability distributions corresponding to a plurality of different
distribution and the second probability distribution phones;
that cqrrespond to ﬂ_le Phonef _ generating, for each phone, a conversion function for
wherein the conversion function is generated based on converting the feature information representative of
an auto-covariance ofj[he first probability distr 1b}1- 33 the voice of the first speaker to the feature information
‘flOIl E}Ild-all a‘uto-coivanance _Ofthe second prol:?abll- representative of the voice of the second speaker
ity distribution, WlthOUt USIE a CIOsS-cOvdarlallce based on respective statistics of the first probability
between the feature information representative of distribution and the second probability distribution
the *‘mice of the ﬁrgt speaker and‘ the teature infor- that correspond to the phone,
mation representative ot the voice of the second 40 wherein the conversion function is generated based on
Spe?kef ; | _ an auto-covariance of the first probability distribu-
wherein the conversion fqnctlon for a qtl} phone tion and an auto-covariance of the second probabil-
(q=1-Q) among a plurality of Q phones 1nc1ude; ity distribution, without using a cross-covariance
the following EXP_WSSIOD (A) using an average U, between the feature information representative of
and an auto-covariance 2" as statistics of the first 45 the voice of the first speaker and the feature infor-
probability distribution corresponding to the qth mation representative of the voice of the second
phone, an average 1 QY and an auto-covariance X qw speaker,
of the second probability distribution correspond- wherein the conversion function for a gth phone
ing to the qth phone, and feature information X (q=1-Q) among a plurality of Q phones includes
representative of the voice of the first speaker: 50 the following Expression (A) using an average HQX
L7 +\/Zgw(2gxx)_1( X, Expression (A), and and an ?I'JtO-C(:_)VEl.I‘iaIl-CB 2. QH as statigtics of the first
| _ probability distribution corresponding to the qth
generating second segment data for each voice seg- phone, an average MQY and an auto-covariance ZQW
ment ot the second speaker based on feature infor- of the second probability distribution correspond-
mation obtained by applying a conversion function 55 ing to the qth phone, and feature information X
corresponding to a phone contained in the voice representative of the voice of the first speaker:
segment to feature information of the voice seg-
ment represented by first segment data. Y |
16. The voice processing device according to claim 15, the Ha JA/Z‘E (&) g Expression (A), and
computer for executing the program tor performing: 60 generating second segment data for each voice seg-
applying, when the first segment data has a voice segment ment of the second speaker based on feature infor-
composed of a sequence of a first phone and a second mation obtained by applying a conversion function
phone, an interpolated conversion tunction to feature corresponding to a phone contained 1n the voice
information of each unit interval within a transition segment to feature information of the voice seg-
period including a boundary between the first phone and 65 ment represented by first segment data.

19. The voice processing device according to claim 18, the
DSP for performing;:
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applying, when the first segment data has a voice segment
composed of a sequence of a first phone and a second
phone, an interpolated conversion function to feature
information of each unit interval within a transition
period including a boundary between the first phone and 5
the second phone such that the interpolated conversion
function changes 1n a stepwise manner from a conver-
s1on function of the first phone to a conversion function
of the second phone within the transition period.

20. The voice processing device according to claim 18, the 10

DSP for performing:

acquiring feature information including a plurality of coet-
ficient values, each representing a frequency of a line
spectrum that represents, by a frequency line density of
the line spectrum, a height of each peak in an envelopeol 15
a frequency domain of a voice represented by each first
segment data;

applying the conversion function to the acquired feature
information;

correcting each coellicient value of the feature information 20
produced through said applying of the conversion func-
tion; and

generating second segment data corresponding to the fea-
ture information produced through said correcting of
cach coellicient value. 25
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